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Summary 

This Report describes improvements made to the instrumentation used in one-eighth 
scale acoustic modelling at BBC Research Department. In particular it describes the design 
of new model loudspeakers. 

Problems encountered in the work are described in some detail to assist in their 
future avoidance, and the important factors are discussed both from the theoretical and 
practical standpoints. 

It is concluded that sound quality should no longer be a significant obstacle in 
making subjective judgements on the modelled acoustic of a projected studio design. 
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1. Introduction 

In the fifteen years during which an active 
interest has been taken in acoustic scale modeUing at 
BBC Research Department, emphasis has always 
been placed on obtaining from the model a pro- 
gramme recording that could be assessed subjec- 
tively. The technique has been applied only to large 
music studios/"^ ^ and the requirement for subjec- 
tively assessable results has been imposed because 
although experience in studio design enables the 
readily measurable parameters such as reverber- 
ation time to be predicted with reasonable accuracy, 
it does not guarantee a satisfactory subjective acous- 
tic, which to this day remains at least partly 
unquantifiable. 

In acoustic scaUng, the hnear dimensions of the 
building and its contents are divided by a factor k, 
which for all BBC work has been chosen as eight. *^ 
For invariance of acoustic properties, two require- 
ments must be met. First, all wavelengths must be 
divided by k, which is equivalent to multiplying all 
frequencies by k, i.e. to replaying recorded pro- 
grammes into the model at k times normal speed. 
Second, the acoustic properties of all materials and 
equipment (as measured at k times normal frequ- 
ency) must correspond to those of the real material 
and equipment as measured at normal frequency. 

A diagram of the modelling system is shown in 
Fig. 1 . The frequency range chosen for the work was 
400 Hz to 100 kHz, corresponding to a real-world 
frequency range of 50 Hz to 12.5 kHz, close to the 
nominal broadcast bandwidth of 40 Hz to 15 kHz. 
To enable valid subjective judgement of scaled 
acoustics, it is essential that the instrumentation 
chain (consisting of tape recorder, loudspeakers, 
microphones and all associated electronics) be cap- 
able of reproducing and recording sound at high 
subjective quality. 

This report describes improvements that have 
been made to the model instrumentation since de- 
tails were last pubhshed in 1972.' Problems encoun- 
tered during the development work are also discus- 
sed; these are included both for the light they shed on 
the designs finally adopted, and to assist in their 
avoidance in future work. 




model 




tape machine 
kx normal speed 

Fig. 1 - Schematic of model with instrumentation. 

2. Tape recorder 

2.1. Limitations 

Most of the BBC's modelling work has em- 
ployed an eight-track frequency modulated data 
recorder with a wide range of speeds. At its highest 
speed it provides a signal bandwidth of about 
96 kHz, adequately close to the 100 kHz design 
target mentioned in the introduction; at one-eighth 
of the speed it provides a proportionate bandwidth 
of 12 kHz. Measured distortion and subjective 
sound quality are comparable with a good analogue 
recorder: indeed, the performance is adequate in all 
respects except that of signal to noise ratio, which is 
shown in Fig. 2(a) for the tape used in all model 
work up to 1980. 

In fact, the tape recorder had never been the 
chief noise source in model recording - the audible 
noise in the recordings had invariably been due to 
the microphones and their ampUfiers. However, it 
was recognised that if more powerful loudspeakers 
were developed, then the system noise could be 
hmited by the tape recorder: for this reason, means 
were sought of improving or replacing it. 
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Fig. 2 - Noise levels generated by tape recorder, 
relative to maximum signal level. 

2.2. Use of improved recording tape 

When improvements to the model instrument- 
ation were first contemplated in early 1981, various 
possibilities were considered for the recording and 
replay of programme both at normal speed and at 
eight times this rate. The design and construction of 
a tape recorder (whether analogue or digital) with 
significantly improved performance over the exist- 
ing machine would have consumed an unacceptably 
large amount of time and effort. Conversely, the use 
of a hard-disc digital store would in 1981 have been 
extremely expensive. Embarking upon either project 
would scarcely have been in accord with the primary 
objective of modeUing, namely, cost-saving. In fact, 
the advance of technology since 1981 has probably 
made a hard-disc recorder a practical possibility, 
and this technique may well be considered for a 
future generation of equipment. 

In the meantime, as the performance of the 
existing tape recorder closely approached that re- 
quired, and as magnetic tape had been continuously 
improving over the years, a search revealed a newer 
type of magnetic tape which offered a noise advan- 
tage of about 8 dB over that used previously. The 
signal to noise ratio of the new tape is shown in Fig. 
2(b); at the time it seemed hkely to match the 
expected performance of the remainder of the new 
instrumentation, a prediction subsequently 
confirmed. 

3. Microphones and microphone 
amplifiers: problems and 
investigations 

3.1. Microphones 

In placing microphones within a model studio, 
it would clearly be desirable to follow as closely as 
possible the techniques commonly used in broad- 
casting. For stereo reproduction of serious music, it 
is customary to use a crossed "coincident" pair of 
microphones whose directional properties are set 
somewhere between cardioid and figure-of-eight. At 



model frequencies (i.e. eight times normal) no com- 
mercially available microphones exist which are 
other than nominally omnidirectional. 

The possibility has been considered of develop- 
mg a mmiature directional microphone for model 
work. Some research into the properties of piezo- 
electric plastics^* had indicated that a suitable trans- 
ducer might be based on one of these materials. The 
development of such a microphone capsule would, 
however, like that of new recorder, absorb an 
unacceptable expenditure of effort. Means were 
therefore considered of obtaining improved perfor- 
mance from available microphones. 

Throughout the development of modelling 
techniques at Research Department, work has been 
based on the use of a pair of widely-spaced "omni- 
directional" microphones. Early experiments with 
3 mm capacitor capsules had shown these to be very 
insensitive, resulting in an inadequate signal to noise 
ratio. Since then, 6 mm types have been used, which 
are not only 12dB more sensitive, but also generate 
about 5dB less electrical noise because of their 
higher capacitance, and consequent lower source 
impedance. 

Due to its size, the 6 mm microphone deviates 
considerably from omnidirectionality at frequencies 
in excess of about 30 kHz, at which its radius- 
wavenumber product is about 1.5. (At full scale, its 
diaphragm would be 50 mm in diameter, about three 
times that of a typical studio microphone). It there- 
fore seemed worthwhile to experiment once again 
with 3 mm capsules, which are much more nearly 
omnidirectional at frequencies above 30 kHz. Now, 
the projected new loudspeaker was expected to 
provide an increase in sound level of at least 12 dB; 
by increasing the microphone polarising voltage 
from its nominal 200 V to its maximum of 250 V, a 
further 2dB in sensitivity should be obtained; fin- 
ally, by redesigning the microphone amplifier 
around a newer semiconductor device and by careful 
neutralising of input capacitance, a reduction of up 
to 2dB in electronic noise was beheved possible. 
Thus, of the 1 7 dB loss in signal to noise ratio caused 
by the change to a small capsule, at least 16dB 
should be recoverable, possibly more by careful 
attention to the design of the loudspeakers. 

Accordingly, a new microphone preampUfier 
was designed and tested; the circuit diagram is 
shown in Fig. 3. By the extensive use of "boot- 
strapping", and by applying adjustable positive 
feedback to the input guard ring, it is possible to 
cancel the input capacitance of the amplifier, to 
obtain without risk of instability an input capacit- 
ance which is neghgible compared to the 3.5 pF of 
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Fig. 3 - Circuit diagram of prototype model microphone amplifier. 



the 3 mm microphone. This means in effect that the 
microphone is not shunted by any stray capacitance, 
thereby providing a small increase in sensitivity. The 
adjustment proved in practice to be uncritical, and it 
was intended to incorporate the feedback capacitor 
on to the printed circuit board as a pair of adjacent 
tracks, which when initially optimised, could be 
duplicated without subsequent boards requiring any 
adjustment. 

During tests, it was found that little benefit in 
terms of noise performance could be obtained by 
increasing the polarising and bias resistors Rl and 
R2 beyond about 50 GQ; doubling them, for 
example, did not produce the expected 3 dB reduc- 
tion in noise. Similarly, changing the type of input 
FET also had much less effect than would have been 
predicted from manufacturers' data. Placing the 
prototype ampUfier in a dessicator showed that 
atmospheric humidity was a major contributor to 
input electrical noise, presumably by depositing 
sufficient moisture to cause some degree of surface 
conduction across materials normally regarded as 
insulators. For most purposes it is necessary to 
maintain the relative humidity in a one-eighth scale 
model at about 1 %, so in practice, condensation was 
not expected to be a problem. It is worth noting, 
however, that ordinary G.R.P. printed circuit board 



is not an adequate insulator at the impedence in 
question, and that PTFE standoffs should be used, 
care being taken to protect them from the vapour 
deposits caused by soldering.^ 

The new microphone amplifier was found to 
provide about 3 dB improvement in signal to noise 
ratio with a 3 mm microphone capsule (3.5 pF), and 
about 1 dB with a 6 mm type (6.4 pF). To change to 
the new circuit appeared worthwhile only if it were 
feasible to use the 3 mm capsules; as this depended 
upon the sound levels generated by the new loud- 
speaker, further work was deferred while loud- 
speaker development proceeded. 

In the event, another problem has emerged 
which has precluded completely the use of the 3 mm 
capsule. This is an intermittent form of excess elec- 
trical noise which occurs only when the polarismg 
voltage is applied. It appears to be due to electrical 
discharge across the narrow gap between diaphragm 
and backplate, and although absent from the first 
capsule that was tried, has occurred in all the others 
tested, whether new or several years old. The noise 
noes not exceed that specified by the manufacturers 
for the capsules when used with their own matching 
preampUfiers, and cannot therefore be regarded as a 
cause for complaint. It does not occur in the larger 
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capsule sizes, and was not therefore readily predict- 
able, especially as the first capsule tested appeared 
free of the problem. 

The new model instrumentation that is the 
subject of this report does not therefore include any 
changes to the microphones and microphone 
amplifiers. 

4. Loudspeakers 

4.1 . Limitations of the previous model 
loudspeakers 

A loudspeaker of the type used for modelling 
work from 1 972 to 1 980 is shown in Fig. 4. Although 
the development of this assembly had represented 
the chief step in making the modelUng project a 
useful undertaking, it was not without limitations, 
primarily in terms of tonal quality and maximum 
acoustic power output. 

Tonally, the midrange output (from, say 600 Hz 
to 6 kHz in equivalent real frequencies) is extremely 
"coloured" compared with a modern full-size studio 
monitor. In stating this, it should be pointed out that 
monitoring loudspeakers have themselves improved 
very greatly in tonal quality since 1972, thereby 
especially emphasising the apparent deficiencies in 
the output from the model. Nevertheless, the subjec- 
tive impairment was striking, notably on orchestral 
string tone, and it was felt that more recent tech- 
nology would enable improved tonal quality to be 
achieved, makingjudgements of a modelled acoustic 
correspondingly easier. 

As regards acoustic power output, the loud- 
speaker shown in Fig. 4 can generate on programme 
(as opposed to continuous sine wave) a sound 
pressure level of about lOOdB* peak at 0.5m dis- 
tance and at mid-band (say 1 kHz full-scale equiva- 
lent). As mentioned in Section 3.1, the use of 3mm 
microphones was thought feasible at the outset of 
this development work, and the 17dB additional 
loudspeaker output required for this purpose was set 
as a desirable target criterion. 

4.2, DevBlopment of new loudspeakers 

In the modelling of a building such as a concert 
hall or music studio, the ideal objective is to scale the 
linear dimensions of the enclosed volume and all its 
contents by a factor 1 /k, whilst retaining all acoustic 
parameters except frequency, which is scaled by the 
factor k. The more acoustically accurate a model is, 
the more likely it is to be visually accurate as well. 

* Sound pressure levds are quoted with respect to 20 ^Pa in free- 
field conditions. 




Fig. 4 - Loudspeaker used in model work between 
1972 and 1980. 

The same is unlikely to be true of a model 
loudspeaker. While it is desirable that the tonal 
quality and directional properties should model 
those of a typical high-quality studio monitor, the 
acoustic power output of a model loudspeaker is 
usually required to be relatively very much greater 
than that of its real counterpart. 

As a rule the ability of a device to dissipate 
power at a given temperature is approximately 
proportional to its surface area; a typical example is 
the voice coil or magnet assembly of an electro- 
magnetic loudspeaker drive unit. Simple consider- 
ations" show that for an exact model, the acoustic 
efficiency of a transducer would remain unchanged 
by the modelling process. For the same temperature 
rise of its motor components, a replica scaled by the 
factor 1/k would require, 1/k^ of the power input. In 
other words, a one-eighth scale model of, for ex- 
ample, the LS 5/8 studio monitor would require a 
power input of 1.6W instead of the real-world 



{PH-272) 



— 4- 



lOOW. Such a model would indeed generate the 
same peak sound pressure level (about 102 dB) at 
0.5 m as the real loudspeaker at the equivalent 4 m. 

In Section 4.1, it was shown that the design 
target for a new model loudspeaker should be at 
least 116dB at 0.5 m. Relatively, then, the model 
loudspeaker must generate sound pressure levels at 
least 14 dB higher than its full-size equivalent. Power 
dissipation per unit area in a useful replica of an 
LS 5/8 monitor would thus be increased by a factor 
of 25, resulting in a peak voice-coil temperature 
somewhere around 4400°C (extrapolated as a 
straight line). 

The only feasible approach to the design of a 
model loudspeaker is therefore to employ what 
means are necessary to achieve the required band- 
width and power output, preserving as far as 
possible the tonal quality and directionality that 
experience has shown to be required of a good stereo 
monitoring loudspeaker. This is why the model 
loudspeaker of Fig. 4 bears little visual resemblance 
to a typical studio monitor. 

Developing loudspeaker drive units is always 
costly in time and eflFort, so a survey was made of 
proprietary drive units to check whether any were 
available on which a design could be based. Wide- 
band transducers covering the range from 20 kHz to 
100 kHz are not common, and it was therefore to the 
upper end of the spectrum that attention was first 
directed. 

A paper pubhshed in 1977^'^ described a "leaf 
tweeter as a development of the ribbon principle, 
and on enquiry it was found that these transducers 
are in fact commercially available. A conventional 
ribbon drive unit consists of a very thin metal ribbon 
stretched in a magnetic field parallel to the plane of 
the ribbon and directed across its width. Although 
the lightness of the ribbon usually ensures that 
output is maintained up to high frequencies, drive 
units of this kind normally suffer from two disad- 
vantages. First, at high outputs the ribbon becomes 
hotter at the centre than at the edges, where the 
current concentrates due to the lower resisitivity. 
This causes a change in high-frequency direction- 
aUty with power input, as well as rendering the 
ribbon very liable to rupture. Second (and less 
serious) is the need for a matching transformer 
because of the very low impedence of the ribbon. In 
the leaf tweeter, however, the ribbon is replaced by a 
very thin sheet of high-temperature plastic which 
carries a printed spiral voice coil; this not only 
ensures even current distribution, but also presents 
directly a load resistance suitable for a typical power 
amplifier. 



Tests on a sample tweeter indicated that on 
programme it could generate at least 117dB peak 
sound pressure level at 0.5 m in the frequency range 
10kHz-95kHz, with somewhat reduced output 
from 4-10 kHz and 95-100 kHz. The free-field re- 
sponse on axis for 1 V input is shown in Fig. 7(a). 
Listening tests using 1:8:1 frequency scahng revealed 
what appeared to be encouraging tonal quality (this 
is always difficult to judge for a loudspeaker that 
covers only a part of the audio range). Provisionally, 
then, this unit seemed a likely choice around which 
to design a model loudspeaker. 

The remainder of the required frequency range 
(i.e. 400 Hz to at least 5 kHz) seemed not to be 
adequately covered by any available drive unit of 
reasonably small physical size. Although the size of 
the loudspeakers in a large auditorium is probably 
not critical, it was felt that the dimensions of the 
assembly shown in Fig. 4 (of real equivalent height 
4.5 m) should if possible be reduced. 

Experience in the design of low-frequency drive 
units suggested that a highly modified form of an 
existing 200 mm unit^'^ might well fulfil the require- 
ments. The use of two drive units instead of three 
would enable the dimensions of the completed 
loudspeaker to be kept within reasonable bounds. 

As an initial experiment, a polypropylene 
diaphragm of the type designed for the 200 mm unit 
was truncated to about 70 mm diameter, and a 
special plasticised PVC surround was moulded for 
it, bringing the overall diameter to 100 mm, approxi- 
mately the same as that of the magnet assembly. An 
aluminium alloy frame was assembled from separate 
pieces, and a proprietary "spider" and dustcap were 
used. A simple calculation ^ ' showed that to generate 
1 1 7 dB at 400 Hz in half space, a peak to peak travel 
of about 1.5 mm is required. The programme 
material used for model assessment does not contain 
very large amounts of energy in its lowest octave (say 
50 to 100 Hz) and the voice coil length was therefore 
chosen to be about 0.75 mm greater than the thick- 
ness of the magnet faceplate. To maximise the 
amount of copper in the magnet gap (and hence the 
efficiency), the same wire size was used as for the 
original 200 mm unit (copper diameter 0.25 mm). 
Because of the reduction in resistance caused by 
shortening the coil, a small autotransformer was 
wound to provide optimum matching to the power 
ampUfier. The drive unit itself is shown in Fig. 5 as 
(a) a drawing and (b) a photograph. 

A box was made from 3 mm plywood, just large 
enough to accomodate both the experimental drive 
unit and a leaf tweeter, as shown in Fig. 6. Panel 
damping consists of a layer of 3 mm self-adhesive 
bituminous pad, apphed to all surfaces except the 
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Fig. 5 - Section of model low-frequency drive unit diaphragm and surround and (right) a photograph of the 

completed unit. 



front, on which the drive units are mounted. For 
internal air damping, a layer of cotton wool was 
applied over the bitumen compound: its average 
thickness was around 10 mm. 

On its axis of symmetry in free-field conditions, 
the experimental low-frequency unit, driven at 
constant voltage, showed a smooth rise in output of 
about 4 dB per octave, rising by a total of 1 5 db from 
400 Hz to 6 kHz. The output plunged to an ex- 
tremely sharp dip at 9 kHz, recovering again to- 
wards 1 1 kHz before falling without return. 

An active frequency-splitter was designed with 
a crossover frequency of 5 kHz. A slope circuit was 
added to flatten out the response of the low- 
frequency unit, and the whole was followed by a pair 
of power amplifiers, one for each drive unit. Ap- 
praised as before, with 6 mm microphones in free- 
field conditions and with 1 :8; 1 frequency scaling, the 
assembly achieved a tonal quality which was mar- 
kedly superior to its predecessor of Fig. 4, but still 
unpleasantly coloured in the equivalent real-world 
frequency band from 600 Hz to 2 kHz. 

Two facts therefore emerged from the experi- 
ment. First, the leaf tweeter was deficient in (scaled) 
tonal quality at the low-frequency end of its range 
(i.e. below lOkHz). Second, the experimental 
woofer showed promise, and if the severe dip at 
9 kHz could be eliminated, could probably be used 
between 400 kHz and 10 kHz, possibly providing 
better mid-band quality than the tweeter. The 9 kHz 



dip was clearly due to resonance, and resonances in 
loudspeaker drive units are in any case best avoided 
where possible. 

The resonance was essentially unaffected by 
removal of the dustcap (which is almost acoustically 
transparent), but vanished on the insertion of a piece 
of cotton wool into the centre cavity of the diaphr- 
agm in place of the dustcap. It appeared that the air 
in the cavity was the cause of the resonance, and that 
the problem might be solved by incorporating suit- 
able damping into the dustcap itself. Further, a 
suitably-damped dustcap might be expected to 
behave as a dome radiator, possibly extending the 
higher-frequency range of the unit. This speculation 
was confirmed by adding a layer of damping com- 
pound to the dustcap: the first substance tried was a 
water-based plasticised polyvinyl acetate emulsion. 
This proved extremely successful until fully dried: it 
appeared that a damping compound with a lower 
shear modulus (i.e. one less stiff) would be prefer- 
able. Such a substance is "Bituthene", a synthetic 
rubber-based sheet which, although intended prima- 
rily for tanking purposes in the building industry, 
has been successfully used for constrained-layer 
damping. The compound was dissolved in tetra- 
hydrofuran (1,4 epoxy-butane) and apphed to the 
dustcap as a thin coating. Results have been ex- 
tremely successful, and no change to the applied 
coating seems to have occurred after one year. In the 
centre of the dustcap, which was about 25 mm in 
diameter, a 6 mm circle was left uncoated to prevent 
low-frequency compression of the air in the cavity 
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Fig. 6 - New model loudspeaker: first experimental 
configuration of drive units. 

between dustcap, voice coil former, and magnet 
polepiece. 

The constant-voltage acoustic output of the 
low-frequency unit with treated dustcap is shown in 
Fig. 7(b). The frequency-splitter and equaliser cir- 
cuits were modified to raise the crossover frequency 
to lOkHz, and a reasonably flat acoustic output is 
obtained on the axis of the assembly as shown in 
Fig. 8. 

Listening tests, set up as before, showed that the 
mid-frequency subjective quality of the assembly 
had greatly improved. Judged overall, the new 
model loudspeaker provided much better subjective 
quality than any previously available device, and 
was expected to provide the means for much easier 
subjective assessment of modelled acoustics. 

Initial measurements on the leaf tweeter had 
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Fig. 7 - Free-field response, measured on axis, of the 
drive units in a box as shown in Fig. 6. 
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Fig. 8 - Acoustic output on axis of the model loud- 
speaker shown in Fig. 6, complete with frequency- 
splitting and equalisation circuitry. 

shown it to be considerably more directional at high 
frequencies than is typical of a good full-size studio 
monitor in a correspondingly scaled band of frequ- 
encies. This was not unexpected: the equivalent size 
of the leaf tweeter diaphragm would be 
500 X I20mm, compared with the 34mm dome 
tweeter used in the LS 5/8 and LS 5/9 monitors. Tests 
in a model of Manchester Studio 7 confirmed that 
the units were excessively directional at high frequ- 
encies, and that the ratio of direct to reverberant 
sound depended critically on the placing of both 
loudspeakers and microphones. 

Two possibilities exist for changing the direc- 
tionality of any acoustic source: lenses and re- 
flectors. A lens of adequate size (say 100 mm in 
diameter) and of sufSciently fine structure (say 1 mm 
between rings to deflect 100 kHz) would be very 
difficult to construct, as was confirmed by a brief 
experiment. A reflector posed no such difficulties, 
and that shown in Fig. 9 worked very satisfactorily. 
The tweeter was turned through 90° to point up- 
wards, and the reflector shaped on simple optical 
principles to provide a change in direction of 90°, 
and a beam width of about 45° in both vertical and 
horizontal planes. The reflector shown in Fig. 9 is 
made of modelling clay, which appears to have 
adequately low absorption up to 100 kHz provided 
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Fig. 9 - New model loudspeaker in its final form, 
complete with reflector. 

that the surface is reasonably smooth. The hori- 
zontal radiation pattern at 80 kHz is shown in Fig. 
10, compared with that of an LS5/8 monitor at a 
corresponding 10 kHz. 

The wider distribution of high-frequency 

energy inevitably reduced the sound pressure level 
generated by the tweeter on axis. It was not con- 
sidered practicable to boost further the drive to the 
tweeter: as both drive units already reach their 
dissipation limits on programme approximately to- 
gether, flatness of axial response could be achieved 
only by reducing the drive to the woofer. Instead, 




Fig. 10 — Measured polar response of model loud- 
speaker in the horizontal plane (a), compared with 
that ofLS5/8 studio monitor (b). 

high-frequency lift was applied to the output of the 
microphone to achieve an approximately flat spec- 
trum at the input to the tape recorder. Because the 
new model loudspeaker generates much higher 
levels than its predecessor, this was possible without 
introducing excessive microphone noise; in fact, the 
limiting noise source in the system is now the tape 
recorder. 

The model loudspeaker was again carefully 
auditioned, using a frequency-shifted recording 
made under free-field conditions as before. Tonal 
quality did not appear to have been significantly 
affected by the addition of the reflector. Further tests 
in the model of Manchester Studio 7 using a pair of 
these speakers showed that they do indeed represent 
an advance in subjective quahty for modelling work. 
A comparison was set up between the recorded 
output of the model and recording made at normal 
frequency in the real studio using LS 5/8 monitors 
and omnidirectional microphones in imitation of the 
model setup. To achieve the closest possible sub- 
jective match between the real and model systems, a 
third-octave graphic equaliser was used to modify 
shghtly the spectral content of the model output: the 
measured response of the equaliser is shown in 
Fig. 11. 

A final comment on the development of the 
model loudspeaker is worth making. When the low- 
frequency driver is delivering its maximum power, 
the voice coil becomes very hot indeed. The material 
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Fig. 11 - Equalisation (real frequency) applied to 

model recordings to achieve closest subjective 

approach to recording made with analogous setup in 

real studio. 

used (polyimide wire insulation and coil former, 
bound with high-temperature epoxy resin) can 
readily withstand temperatures in excess of 200°C, 
so burnout is not a problem. However, the resistance 
of the coil itself, which is of copper wire, increases at 
200°C to 170% of its room-temperature value, 
causing the sensitivity of the unit to drop by more 
than 2dB. The printed aluminium coil of the leaf 
tweeter has a similar temperature coefficient of 
resistance, but does not suffer such large tempera- 
ture changes. 

It was considered that the introduction of a 
"magnetic fluid" ^* into the magnet gap of the low- 
frequency should stabilise its voice-coil temperature 
by aiding the transfer of heat to the magnet 
polepieces. (There is clearly no means of using this 
technique in the leaf tweeter.) Three problems were 
encountered in the use of such fluids: 

(1) Thin fluid (of viscosity 0.02 Pas) tended to 
spatter, coating the nearby parts of the struc- 
ture with small droplets. 

(2) Thick fluid (of viscosity 0. 1 Pa s) was unable to 
support the high shear rates that occur at high 
power and low frequency. Whether the effect 
was due to cavitation or to some other pheno- 
menon is not known, but severe non-linear 
distortion occurred at high shear velocities. 

(3) Both types of fluid vaporised at high tempera- 
tures (perhaps 250°C), emitting acrid fumes. 

On these grounds, it was decided to return to 
normal air cooling of the woofer voice coil. By first 
allowing both drive units to warm up for about 20 



seconds, it was found that consistent recordings 
could be made. Doubtless some degree of com- 
pression of the dynamic range of the programme 
must occur, but this is unlikely to exceed 2 dB, and 
has not so far proved audible. Certainly it is not 
expected to aff"ect acoustic judgements. 

5. Frequency-dependent electrical 
circuits 

The remaining part of the instrumentation to be 
described consists of frequency-dependent cicuitry 
(for example, pre- and de-emphasis networks). A 
detailed block diagram of one complete instrument- 
ation channel is shown in Fig. 12; the frequency- 
dependent circuits are as follows. 

5.1 . Pre and de-emphasis 

To obtain maximum signal to noise ratio from a 
signal channel it is of course necessary to exploit the 
full range of the channel at all frequencies. For the 
programme material on which most BBC model 
work has been based, ^^ the pre-emphasis curve 
shown in Fig. 1 3 provides a simple approximation to 
this ideal. The pre-emphasis is appUed at real frequ- 
ency to the source material when it is transferred to 
the switched-speed recorder, as shown by block (1) 
of Fig. 12. De-emphasis, shown in block (4), is 
applied (again at real frequency) to the output of the 
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Fig. 13 - Pre-emphasis applied to source material 
before transferring it (at normal speed) to switched- 
speed recorder. 







(1) 








(2) 


o 


- 






oo 


-* 





source pre- record splitter 

moterial emphasis speed xi and 
(replay replay equaliser 

speed xD speed x8 






model 



(3) 








(4) 








■* 


O O 






-* 





H.F. 
boost 



-'C>-^ 



record de- subjective 


studio 


speed x8 emphasis equalisation 


monitor 


replay 


in 


speed x1 


listening 




room 



(PH-272) 



Fig. 12 - Block diagram of one complete instrumentation channel. 
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recorder when it is replayed at normal speed for 
subjective assessment. Circuit diagrams are shown 
in Fig. 14. 

5.2. Frequency splitter and equaliser for 
loudspeakers 

This circuit is shown in Fig. 15, and a plot of its 
frequency response in Fig. 16. The circuit began 
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Fig. 16 -Response of the splitter and equaliser circuit. 

initially as a pair of complementary two-pole active 
filters, to each of which was added a broad passive 
dip circuit to compensate for the somewhat humped 
response exhibited by both drive units. Interference 
between the two units was found to cause the 
acoustic output around crossover frequency to vary 
greatly with angle of measurement; this effect was 
reduced by adding further single-pole filters to 
increase the rolloff rate from 12dB to 18dB per 
octave. Finally, a bridged-T circuit was added to the 
high-frequency side to provide a peak at about 
96 kHz to compensate for the fall in output of the 
tweeter at frequencies above 90 kHz. 
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Fig. 15 - Splitter and equaliser circuit for new model loudspeaker. 
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5.3. Additional high-frequency boost circuit 

As described in section 4.2, the addition of a 
reflector to disperse the high-frequency output of the 
model loudspeaker caused an effective reduction in 
sensitivity at frequencies above 10 kHz, which could 
best be compensated by increasing the high- 
frequency output of the microphone amplifier. The 
required characteristic is shown to close approxim- 
ation in Fig. 17(a), and the circuit used appears in 
Fig. 17(b). This compensating network is indicated 
by block (3) in Fig. 12. 
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Fig. 17 - (a) High-frequency boost required to 

compensate for loudspeaker reflector, (b) Circuit for 

high-frequency boost. 



6. Conclusions 

The purpose of the work described was to 
improve the sound quality obtainable in acoustic 
scale modeUing, so that subjective judgements of the 
modelled acoustic could be made more accurately 
and easily. At the same time, it was borne in mind 
that the primary objective of the modeUing is to save 
time and expenditure in the design of a studio; 
extensive projects which would have partially nulli- 
fied this gain (such as the development of new 
microphones) were therefore avoided. 

By developing new model loudspeakers, and by 
paying careful attention to amphfiers, filters and 
recorder, it has been possible to improve the tonal 
quality and signal to noise ratio of the system to a 
point where these factors no longer contribute to the 
difficulty of making subjective assessments. 

A project which was considered uneconomic 
was the development of a digital hard-disc recorder. 



which would have increased the reUability and 
convenience of the system, but would not have 
significantly improved its subjective performance. 
The development of new directional microphones 
based on recently available materials (piezoelectric 
polymers) would, if successful, have made it possible 
to model much more accurately the microphone 
techniques currently used in studios; again, this 
project was considered uneconomic because of the 
very large amount of time and effort that could have 
been expended without any certainty of a successful 
outcome. 

The new model loudspeakers are based on 
improvements in materials and techniques that have 
taken place both inside and outside the BBC over the 
past decade, and they incorporate much of the 
experience gained in developing full-size studio 
monitors at Research Department. They provide 
considerable improvements both in tonal quahty 
and in acoustic power output. The latter represents a 
potential increase in signal to noise ratio which was 
realised by the use of recently developed recording 
tape, by careful adjustment of the recorder, and by 
redesign of the signal-processing electronics. 

Finally, recordings were made via the new 
instrumentation in an acoustic scale model of a 
music studio, Manchester Studio 7,*^ and compared 
with recordings made in the real studio under similar 
conditions. Listening tests showed excellent match 
in terms of perceived acoustic. 

7. References 

1. MATHERS, CD. 1981. Acoustic scaling: a 
review of progress to date, and of possible 
future development. BBC Research Depart- 
ment Report No, 1981/6. 

2. HARWOOD, H.D. and BURD, A.N. 1970. 
Acoustic scahng: general outline. BBC Re- 
search Department Report No. 1970/13. 

3. SPRING, N.F., RANDALL, K.E. and 
SMITH, M.K.E. 1971. Acoustic scahng: a one- 
eighth scale model reverberation room. BBC 
Research Department Report No. 1971/3. 

4. HARWOOD, H.D., BURD, A.N. and 

SPRING, N.F. 1972. Acoustic scaling: an 
evaluation of the proving experiment. BBC 
Research Department Report No. 1972/3 

5. HARWOOD, H.D. and LANSDOWNE, 
K.F.L. 1972. Acoustic scaling: instrument- 
ation. BBC Research Department Report No. 
1972/4. 



(PH-272) 



11 



6. HARWOOD, H.D. and LANSDOWNE, 
K.F.L. 1974. Acoustic scaling: the effect on 
acoustic quality of increasing the height of a 
model studio. BBC Research Departnrent Re- 
port No. 1974/12. 

7. HARWOOD, H.D., BURN, A.N., 
LANSDOWNE, K.F.L. and HUGHES, S.A. 
1974. Acoustic scaling: examination of possible 
modifications to Maida Vale Studio 1. BBC 
Research Department Report No. 1974/27. 

8. BURD, A.N. and SPROSON, W.N. 1974. 
Acoustic scahng: subjective appraisal and 
guides to acoustic quaUty. BBC Research De- 
partment Report No. 1974/28. 

9. HARWOOD, H.D., RANDALL, K.E. and 
LANSDOWNE, K.F.L. 1975. Acoustic scal- 
ing: the design of a large music studio for 
Manchester: Interim Report. BBC Research 
Department Report No. 1975/11. 

10. HARWOOD, H.D., RANDALL, K.E. and 
LANSDOWNE, K.F.L. 1975. Acoustic scal- 
ing: the design of a large music studio for 
Manchester: Final Report. BBC Research 
Department Report No. 1975/35. 

1 1 . BURD, A.N. 1969. Non-reverberant music for 
acoustic studies. BBC Research Department 
Report No. 1969/17. 

12. HARWOOD, H.D., RANDALL, K.E. and 
LANSDOWNE, K.F.L. 1978. The variation of 



13. 



absorption coefficient of absorber modules 
with ambient conditions. BBC Research De- 
partment Report No. 1978/27. 

WALKER R. 1984. Acoustic scaling: a re- 
evaluation of Manchester Studio 7. BBC Re- 
search Department Report No. 1984/18. 



14. PARKER, M.A. 1981. Piezoelectric plastic 
tweeters: a feasibiUty study. BBC Research 
Department Report No. 1981/12. 

15. THIELE, A.N. Loudspeakers in vented boxes. 
Proc. LR.E. AustraHa, 22, August 1961; 
reprinted J. Audio Eng. Soc. 19, 5/6 (May /June 
1971). 

16. SAKAMOTO, N., ATOJL N., AOL T., and 
OHNO, M. 1977. Wide-range high-power 
tweeter using the printed-planar voice coil. 
Preprint 1276, Audio Eng. Soc. 58th 
Convention. 

17. RANDALL, K.E. a«JMATHERS, CD. 1983. 
The design of the prototype LS5/9 studio 
monitoring loudspeaker. BBC Research De- 
partment Report No. 1983/10. 

18. BOTTENBERG, W., MELLILO, L. andKPJ, 
K. 1981. The dependence of loudspeaker design 
parameters on the properties of magnetic fluids. 
J. Audio Eng. Soc. 28, Xjl (March 1981). 



(PH-272) 



12- 



